This paper deals with musical noise resulting from subtractive type algorithms and especially Wiener filtering. We compare several methods that introduce perceptually motivated modifications of standard Wiener filtering and we propound a new speech enhancement technique. It aims to improve the quality of the enhanced speech signal provided by standard Wiener filtering by controlling the latter via a second filter regarded as a psychoacoustically motivated weighting factor. According to objective measures, the described process results in significant reduction of musical noise.
INTRODUCTION
The objective of a speech enhancement process is to improve the quality and intelligibility of speech in noisy environments. The problem has been widely discussed over years. Many approaches have been proposed. Basic methods are subtractive type algorithms such as that described in [1] . Such methods return residual noise known as musical noise. This type of noise is quite annoying. In order to reduce the effect of musical noise, several solutions have been proposed. Some involve adjusting parameters of the spectral substraction so as to offer more flexibility as in [2] and [3] . Others, such as that proposed in [4] , are based on signal subspace approaches. Despite the effectiveness of these techniques to improve the Signal to Noise Ratio (SNR), the problem of eliminating or reducing musical noise is still a challenge to many researchers.
In the last few decades, the introduction of psychoacoustic models has attracted a great deal of interest. The objective is to improve the perceptual quality of the enhanced speech signal. In [3] , a psychoacoustic model is used to control the parameters of the spectral subtraction in order to find the best trade-off between noise reduction and speech distortion. To make musical noise inaudible, the linear estimator proposed in [5] incorporates the masking properties of the human auditory system. In [6] , the masking threshold of tones and an intermediate signal, which is slightly denoised and free of musical noise, are used to detect musical tones generated by spectral subtraction methods. This detection can be used by a post-processing aimed at reducing the detected tones.
Even though the psychoacoustic models are usually developed in the frequency domain, signal subspace approaches can also involve perceptual models by resorting to some suitable frequency to eigendomain transform as described in [7] , [8] , [9] .
In this work, we are particularly interested in methods related to standard Wiener filter for two reasons. First, the Wiener filtering is easy to implement. Second, it can reasonably be expected that if we succeed in reducing the perception of residual noise resulting from Wiener filtering, the quality of the denoised speech will be improved and yield a fairly satisfactory comfort of listening.
On the basis of such remarks, the authors in [10] propose to apply the Wiener filter only when noise is audible and, thus, to not process frequency components where noise is masked. Similarly, in [11] , a perceptually motivated modification is applied to the Wiener filtering of the noisy speech signal sub-band components, these components being calculated via a filterbank.
In the present paper, we propose to control the standard Wiener filtering by a psychoacoustically motivated filter that can be regarded as a weighting factor. The purpose is to minimise the perception of musical noise without degrading the clarity of the enhanced speech. We compare the proposed method to those introduced in [10] , [11] and [12] when the noisy speech signals are analysed in the Fourier domain. This is the reason why we adapt the method proposed in [11] to the frequency domain.
The organization of the paper is as follows. Section 2 recalls the basics concerning standard Wiener filtering of noisy speech signals. With the same notations and assumptions of section 2, section 3 introduces several enhancement processes, amongst which the new method we propose. Section 4 presents the performance evaluation by means of objective measures and the observation of spectrograms. Section 5 concludes this paper.
STANDARD FILTERING AND ITS LIMITATIONS
The observed noisy speech signal is assumed to be some speech signal additively corrupted by independent noise. The processing is performed frame by frame in the frequency domain. Each frame involves the same number Å of samples. ; the weighting factor « is set to ¼ for a good compromise between musical noise and speech distortion [1] . The estimate ´ µ takes into account the current frame, with weight´½ «µ, and the result of the processing of the previous frame, with weight «. The smoothing character of the decision-directed approach reduces the level of musical noise, which, however, remains present and perceptually annoying. The block diagram of figure 1 summarizes the different speech enhancement processes discussed in this section and compared in the next one. It allows some improvement of the Wiener filtering of frame by choosing ´ µ equals to Ï ´ µ and introducing perceptual criteria through the filter ´ µ. The purpose is to achieve a good compromise, in a perceptual sense, between residual noise and speech distortion. For frame , the resulting estimate signal for all the methods described below. The masking threshold could also be estimated on the basis of the outcome of a spectral substraction as in [3] . However, the tone-like nature of musical noise increases the energy per critical band and the presence of too much musical noise can therefore induce an overestimation of the masking threshold. The Wiener estimate is thus preferable because the Wiener filter introduces less musical noise than spectral subtraction methods [1] . In this paper, the power spectrum of the noisy signal is estimated on the basis of signal-free time frames, which are detected using the Voice Activity Detector (VAD) of the ITU-T standard G729 (8kbits/s) [13] .
IMPROVEMENT OF WIENER FILTERING

Proposed generalized block diagram
Ë ´ µ of Ë ´ µ is Ë ´ µ À ´ µ ´ µ, where À ´ µ ´ µ ´ µ ´ µ ´ µ.
Some previous works
Before introducing the speech enhancement method we propose, we describe two recent techniques that can be regarded as perceptually motivated modifications of the Wiener filter. The first one (A), described in [11] , is a Wiener filtering of only the amount of noise that exceeds the masking threshold. In [11] , this approach is applied to the sub-band components obtained by using an auditory filterbank.
In fact, this method can easily be adapted to the usual case where the time-frequency analysis is performed by the standard DFT. With respect to the block diagram of figure 1, it involves choosing (A):
where Ë ´ µ is the Wiener estimate defined above.
In the second method (B), introduced in [10] , the Wiener filtering is controlled by the result of the comparison between noise and the masking threshold. This comparison makes it possible to perform the denoising only for the noise frequency components that are audible in the sense that their amplitudes exceed the masking threshold. On the basis of the block diagram of figure 1 and with the same notations as those used so far, the perceptually motivated modification of the Wiener filter proposed in [10] involves writing (B):
Proposed method
Remark: Perceptual methods basically aim at reducing only audible noise to avoid much distortion. Therefore, noise components that are not audible, thanks to some maskers in the original noisy signal, are still present after denoising and can even become audible if the maskers are filtered. This is a limitation of some current perceptual methods.
The method we propose is an attempt to overcome this type of drawback by using a filter that acts as a perceptual weighting factor controlling the Wiener gain function. The proposed filter À ´ µ is then a concatenation of two active filters. Therefore, comparing to the block diagram of figure 1, this double filtering is specified by Double filtering:
The following analysis describes some properties of this "Double filtering" on the basis of Eq. (7).
If ´ µ Ì ´ µ, which means that noise is inaudible in frame , we have ´ µ ½. The Wiener filter is however applied for two reasons. First, it favours the gain in SNR. Second, it reduces the risk that non audible noise components might become audible after the filtering of audible maskers present in the original noisy signal (see the remark above). Note that if ´ µ Ì ´ µ, that is, when the SNR is very good, the Wiener filter and the perceptual weighting factor both equal ½ so that no distortion is introduced.
When ´ µ Ì ´ µ, we couple the high noise suppression capability of the Wiener filtering with the effect of the weighting factor so as to enhance the speech quality and reduce musical noise.
In the limit case where ´ µ Ì ´ µ, we have ´ µ ½ and Ï ´ µ ´ µ tends more quickly to ¼ than Ï ´ µ. We can say that the proposed method accentuates the denoising when noise is perceptually significant. We suggest applying a smoothing operation to avoid disconti- 
The smoothing effect is illustrated by figure 2. 
Fig. 2. Smoothing effect
For our experiments, we consider another perceptual filter (C) proposed in [12] , which is not designed to improve Wiener filtering but which is interesting for comparison. This filter is designed so as to yield inaudible residual noise by forcing the residual noise spectral power to be below the masking threshold. It obeys the following equation
Summarizing, the common feature of the three perceptual filters defined by (5), (6) and (9) is to not process the noisy speech signal when noise is perceptually insignificant. In contrast, our approach (see Eq. 7) involves activating the Wiener filtering even when noise is not audible. By so proceeding, it is expected to reduce the amount of background noise that could result in audible musical noise after the filtering of adjacent maskers (see the remark above).
EXPERIMENTAL RESULTS
We have compared the five methods presented in the foregoing, that is the adaptation to the frequency domain of the (A) filter introduced in [11] (see Eq. (5)), the (B) filter propounded in [10] and specified by Eq. (6), the (C) filter proposed in [12] and summarized by Eq. (9), the standard Wiener filter (see Eq. (2)) employing the decisiondirected approach of Eq. (3) and finally the "Double filtering" of Eq.
. This comparison has been performed on speech signals from the TIDIGITS database downsampled to KHz before adding white Gaussian noise or babble noise from the Noisex database at specific SNR's.
The experimental results of this section have been obtained via the following protocol. Short-time windows (32ms) of noisy speech, with 50% overlap, are transformed into the frequency domain using the short-time Fast Fourier transform. As mentioned above, the auditory masking threshold is computed on the basis of the Wiener estimate. The different calculation steps of the masking threshold are those described in [14] . The power spectrum of the noisy signal is estimated on the basis of signal-free time frames, detected by the G729 VAD as mentioned in section 3. The smoothing is applied to every perceptual method with Õ ¾ ¼ (see Eq. (8)), an experimental value which gives the best results presented below.
The enhanced speech signal ×´Øµ in the time domain is obtained using the overlap-and-add approach after transformation back into the time domain via the Short-Time Inverse Fast Fourier Transform.
The five methods addressed in this paper have been assessed by The SSNR is the average of the SNR values on short segments. The MBSD proves to be highly correlated with subjective speech quality assessment [15] . Figure 3 (resp. figure 4) presents the average MBSD and the average SSNR for ¾ ¼ TIDIGITS sentences corrupted by additive white gaussian noise (resp. babble noise) with SNR from dB to ¾¼dB. According to these results, the proposed method achieves a significant improvement in comparison with the other described methods. Speech spectrograms are suitable for observing residual noise structure. The spectrograms presented in Figure 5 illustrate the capability of the double filtering to reduce musical noise without introducing too much distortion. From this figure, we can see that some 
CONCLUSION
In this paper, an effective approach for suppressing musical noise present after Wiener filtering has been introduced. Based on the perceptual properties of the human auditory system, a weighting factor accentuates the denoising process when noise is perceptually significant and prevents that residual noise components might become audible in the absence of adjacent maskers. When the speech signal is additively corrupted by white Gaussian noise or babble noise, objective measure results showed the improvement brought by the proposed method in comparison to some recent filtering techniques of the same type.
